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ARTIFICIAL-REVERBERATION GENERATING DEVICE 

BACKGROUND OF THE INVENTION 

[0001] The present invention relates to an artificial-reverberation generating device. 

Such a device is employed where a musical signal has little or no reverberation content of its 

own, but it is desired to make the signal sound as though it originated in an acoustic space 

having a desired degree of reverberation. 

[0002] It is known to generate artificial reverberation by at least two methods. The first 

method involves the use of an algorithm in a digital signal processing technique using a 

combination of delay lines and filters to diffuse the "dry" (i.e. non-reverberant) input signal. 

The process can be defined with the aid of a small set of parameters such as reverberation 

time, damping, density (i.e. number of reflections in a given time), etc. As such, therefore, the 

reverberation characteristics can be readily set by the user. The second method is based on 

the idea of convolution. This is also a digital signal processing technique and involves the 

convolution of the dry input signal with the impulse response of an acoustic space. This is 

illustrated in Figure 1, in which a convolution engine 100 is fed with impulse-response 

information from one or more impulse-response files 116. The impulse-response files 116 

contain samples of actual reverberant environments. One way of realising the convolution 

engine is to use a finite impulse response (FIR) filter 114, whose length is the length of the 

desired impulse response. Alternatively, it is possible to transform the impulse response into 

the frequency domain to reduce the demands on processing power. Some methods employ a 

combination of time-domain and frequency-domain processing by splitting up the impulse 

response. 

[0003] Both of these basic methods have drawbacks. In music production, artificial 

reverberation tends to be evaluated in terms that refer more to subjective taste than to 

objective technical properties of the sound involved. Terms often used in assessing 
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reverberation are "smoothness", "coloration" and "imaging". Such terms can be translated 

into more technical language: smoothness may be considered to be equivalent to density, 

coloration to eigenfrequency distribution and imaging to phase correlation. The main 

drawback of the algorithmic method is that the eigenfrequency distribution, density and phase 

correlation are all dependent on the particular algorithm employed. The result is a 

compromise between all of these properties and the CPU resources that are available. As 

regards the convolution method, the user is limited to the specific impulse responses made 

available to him. If a short reverberation is needed, the user must have access to the impulse 

response of a small room. On the other hand, to create a long reverberation tail, the impulse 

response of a large room must be provided. It is possible to modify the envelope of an 

available room impulse response, but the results are far from satisfactory, mainly due to the 

low reverberation density that tends to characterize the start of a room response. With the 

convolution method, then, it is necessary to have available a large library of ready-made 

impulse-response files, and this increases costs. 



SUMMARY 

[0004] One embodiment of the present invention seeks to combine the advantages of the 

algorithm-based and convolution-based reverberation-generation methods and provides a 

convolution reverberation device which functions with parameters known from the 

algorithmic class of reverberation processors. The artificial-reverberation generating device 

according to a preferred embodiment of the invention is based on the recognition that a 

decaying noise signal corresponds to an almost perfect reverberation tail. This is because 

noise has no eigenfrequencies and has an infinitely high density. Accordingly, the invention 

in one exemplary embodiment comprises a convolution engine used in conjunction with a 

specialized synthesizer, which preferably creates noises. The noises sound similar to a room 

response. Instead of loading a given fixed impulse response into a convolution engine, as in 

the known convolution-based reverberation generator, the present artificial reverberation 

device in one exemplary embodiment has a synthesizer which creates a data vector which is 

fed into the convolution engine as an impulse response. 

[0005] In accordance with an embodiment of the invention, there is provided an artificial- 

reverberation generating device comprising a real-time convolution engine and an impulse- 

response synthesizer for supplying impulse-response information to the convolution engine. 

The impulse-response synthesizer is advantageously a noise synthesizer, with control means 

being provided for controlling one or more parameters of the noise synthesizer, thereby to 

control corresponding characteristics of the generated reverberation. 

[0006] Instead of the recorded impulse responses stored in multiple files in the known 

convolution-based method, certain embodiments of the present invention make use of a 

specialized synthesizer that creates impulse responses sounding similar to room impulse 

responses. The characteristics of the reverberation can be readily set by the user using 

appropriate inputs. In addition, the synthesizer does not use an algorithm, as in the above- 
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described known method, and therefore does not have to employ complex ray-tracing or 

mirror-source techniques to provide the desired impulse responses. The parameter set 

required is much reduced and is similar to that used in a subtractive synthesizer. This 

artificial-reverberation generating device therefore enjoys, in comparison with the known 

techniques, a reduced processing overhead at the same time as a capacity for generating very 

realistic reverberation characteristics easily pre-defined by the user. 

[0007] Specific realizations of the reverberation generating device according to the 

invention are set forth in the dependent claims. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

[0008] The invention will now be described, by way of example only, with the aid of the 

appended drawings, of which: 

[0009] Figure 1 is a schematic diagram of a known convolution-based artificial- 

reverberation generating scheme; 

[0010] Figure 2 is a schematic diagram giving an overview of an embodiment of an 

artificial-reverberation generating device according to the invention; 

[0011] Figure 3 is a detailed schematic diagram of the impulse response synthesizer 

shown in Figure 2; 

[0012] Figure 4 is a schematic diagram illustrating an embodiment of the noise generator 

and density envelope generator shown in Figure 3; 

[0013] Figure 5 is a waveform diagram showing spikes generated in the density generator 

shown in Figure 4; 

[0014] Figure 6 is a waveform diagram showing a variable time interval between 

successive spikes generated by the density generator of Figure 4; 

[0015] Figure 7 is a schematic diagram of a representative embodiment of a density 

generator as employed in an artificial-reverberation generating device according to the 

invention, and 

[0016] Figure 8 illustrates one possible realisation of a spike generator as employed as 

part of the density generator of Figure 7. 
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DESCRIPTION OF A PREFERRED EMBODIMENT 

[0017] The broad principle of an exemplary embodiment of the invention is shown in 

Figure 2. In Figure 2 a convolution engine 100 is shown consisting of two channels, 110 and 

112, which correspond to the normal stereo audio channels to be found in most audio 

environments. Each channel comprises an FIR filter 114 of known configuration having 

weighting coefficients k^, ki...k„, which are supplied from an impulse response synthesizer 

124 along a line 122. The outputs of the multipliers 118 weighted by the coefficients ko, 

ki...kn are sunmied in a sunmier 120, the output of which forms the output of the convolution 

engine. 

[0018] In place of the numerous impulse-response files of the known convolution 

method, which files contain samples corresponding to fixed reverberative environments, i.e. 

rooms of various sizes, large halls, etc, the synthesizer 124 is capable of creating custom 

impulse responses defined by the user. To this end the synthesizer is shown as having a 

control-input facility 126 for setting such parameters as reverberation time, density and 

damping. 

[0019] The impulse response synthesizer 124 is illustrated in greater detail in Figures 3 

and 4 and will be described in the first instance in relation to the first audio channel only. The 

synthesizer 124 comprises (see Figure 3) a noise generator 32, a phase-correlation control 

section 46, a filter section 38 and an envelope generator section 40. 

[0020] The noise generator section is the most complex part of the synthesizer, since it 

maps two properties associated with algorithmic reverb units, namely density and phase 

correlation. To create a noise with these properties, different noise sources are required in 

order to be able to obtain a decorrelated signal for the different channels, and a density 

generator is required for each of the noise sources. Two separate but identical noise 

generators are therefore employed for the first channel. Each of these noise generators in the 
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preferred embodiment comprises (see Figure 4) a pseudo-random number generator 320- 

1 a/320-lb, which co-operates with a density generator 322-la/322-lb and a multiplier 324- 

la/324-lb. The output of the pseudo-random number generator is multiplicatively combined 

with the output of the density generator in the multiplier and the result of the multiplication 

process is taken to a filter stage 34-1 (see Figure 3) consisting of a low-pass filter (LPF) and a 

high-pass filter (HPF). The output of multiplier 324-lb is taken to the input of the low-pass 

filter, while the output of multiplier 324-la is taken to the input of the high-pass filter. 

[0021] Density is defined as the number of reflections per unit time. Natural 

reverberation has a time-variant density. When a sound stops, the subsequent reverberation is 

of low density involving single reflections. As time progresses, however, the density 

increases and the reverberation becomes more diffuse. To achieve this behaviour, the 

preferred embodiment employs a spike generator as the density generator 322-la/322-lb, 

which generates spikes of definable decay time. Figure 5 shows a typical spike having a 

decay time to virtually zero amplitude of ti seconds. Two different decay times are also 

shown in dotted lines: these are times t2 and tj seconds, respectively. The spacing between the 

spikes can be randomly varied between 0 seconds and a maximum time interval, T^^ seconds 

(see Figure 6). 

[0022] The decay time of the spikes can be adjusted by the user. A short decay time 

results in a Dirac-like spike, which creates a very sharp echo, while a long decay time blurs 

the signals and the echo sounds softer and more reverberant. 

[0023] The series of spikes generated by the density generators 322-la and 322-lb is 

multiplied with noise generated by the pseudo-random number generators 320-la and 320-lb, 

respectively to provide the outputs of the noise generator section for the first channel. 

[0024] The temporal progression of the density is controlled by a density envelope 

generator 30 (Figure 3), which provides the input quantity "Density Control" shown in Figure 

4. By adjusting the "Density Control" input, the user varies the randomness of the spacing 
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between the spikes. This randomness can result in a new spike being generated before the 

preceding one has died away. The graph of Figure 6 shows such a situation in the case of the 

third and fourth spikes. The fourth spike starts while the third is still heading towards zero. 

Only the first spike is shown as in full lines in Figure 6, since it is only that spike which 

provides the trigger signal for the oscilloscope-type signal shown in this figure. Spikes 

following the first occur at a randomly chosen interval. It is the maximum value of that 

interval (T^^) which is controlled by the density envelope generator via the "Density 

Control" input. 

[0025] The outputs of the low-pass and high-pass filter stage 34-1 are summed in a 

summing section 36-1 and the output of the summing section 36-1 is taken to a time-variant 

filter 38-1. The output of the filter 38-1 is, in turn, taken to a time-variant amplifier 40-1. The 

output of the amplifier 40-1 forms the "impulse response" output of the first audio channel 

and feeds the convolution engine 110 shown in Figure 2. 

[0026] The low-pass and high-pass filters are arranged to have respective cut-off 

frequencies such that, when the outputs of these filters are sunmied in the summing sections 

36-1, the frequency response of the sunmied signal is substantially flat, i.e. there is little or no 

coloration. Depending on the type of filter used, the two cut-off frequencies may need to be 

offset by a given amount to achieve this, though they may be set to approximately the same 

cut-off frequency with some possible consequent coloration. 

[0027] Natural reverberation has a frequency-dependent reverberation time caused by the 

phenomenon of dispersion. The preferred embodiment of the present invention simulates this 

effect by processing the noise signal through a time-variant filter 38-1, which is preferably 

constituted by a low-pass filter. The cut-off frequency of the low-pass filter 38-1 is set by the 

user through an envelope generator 42. The final processing stage is the amplitude envelope 

generator section 40. This section is based around a variable-gain amplifier 40-1, the gain of 

which is controlled by the user through an envelope generator 44, which creates the desired 
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curve for defining the gain over time. A decaying curve will create a natural-sounding 

reverberation. 

[0028] The same arrangement that has just been described in connection with the first 

audio channel exists for the second audio channel also, in which case the various reference 

numerals are designated xx-2 instead of xx-1. The output of the time-variant amplifier 40-2 

associated with the second channel is taken to the convolution engine 112 shown in Figure 2. 

The envelope generator 42 will normally be arranged to control the time-variant filters 38-1, 

38-2 for both channels, and similarly for the envelope generator 44 in connection with the 

time-variant amplifiers 40-1,40-2. 

[0029] To create a spatial impression in the resultant sound, the seeds of the pseudo- 

random number generators 320-la and 320-lb associated with the first channel are different 

from the seeds of the pseudo-random number generators 320-2a and 320-2b associated with 

the second channel. In addition, in order to enhance the impression of a lateral audio, the 

outputs of the filter section 34 (see Figure 3) are passed through a matrix 48 to cancel out any 

correlated signal portions. This then leaves only uncorrelated noise. The matrix 48 comprises 

a sunmier 50, two subtractors 52, 54 and a coefficient multiplier 56. The outputs of the two 

low-pass filters associated with the two channels are summed in the summer 50 and the result 

of this summing operation is multiplied by the coefficient K defined for the multiplier 56. 

The K-multiplied sum is then subtracted in subtractors 52, 54 from the signals on each of the 

outputs of the low-pass filters before these signals reach their respective summing stages 36- 

1,36-2. 

[0030] Only the low frequencies are matrixed. It is the low-frequency content of a 

reverberation which controls the envelopment of the reverberation. The high frequencies are 

left untouched in order to maintain the stability of the stereo image. The effect of the matrix 

is to widen the reverberation envelopment by increasing the illusion of lateral audio in the 

low-frequency region. 
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[0031] An example of a density generator is shown in Figures 7 and 8. In Figure 7 a 

random number generator 62 generates random numbers between two limits, namely zero 

seconds and, in the example shown, 1.0 second. The output of the number generator 62 feeds 

an input of a multiplier 64, the other input of which constitutes the density control shown in 

Figure 4. The output of the multiplier 64 acts as a trigger for a programmable timer 66, which 

gives out, after a delay determined by the value at the multiplier output, a narrow pulse of a 

fixed width for triggering both the random number generator 62 and the spike generator 60. 

The spike generator may take the form of the network shown in Figure 8, in which the input 

of the spike generator feeds a diode 68, the output of which feeds a parallel R-C arrangement 

consisting of a capacitor 70 and a variable resistor 72. 

[0032] In operation it is assumed that the timer 66 has just produced its trigger pulse, so 

that the capacitor 70 is virtually instantaneously charged by way of the diode 68. When the 

trigger pulse disappears, the capacitor 70 discharges at a rate set by the variable resistor 72. 

This rate is determined by the user and produces the decay shown as times tj/tj/tj in Figure 5. 

At the same time as the capacitor 70 is charged, the random number generator 62 is triggered 

to produce a random number between the limits just described, and which may be, for 

example, 0.2 seconds. This number is then scaled up or down by the multiplier 64 in 

accordance with the density control value set by the user. When set to its upper limit, which 

purely by way of example may be, say, a value of 10, this density control value will then 

multiply the 0.2 second number generator output by 10 to produce a value of 2 seconds. This 

causes the timer 66 to wait for 2 seconds before giving out its next trigger pulse, which will 

then start the whole process over again, but this time with a possibly different random 

number output by the number generator 62. The result is a series of decaying spikes of 

random time interval, as shown in Figure 6. The maximum value of that time interval will be 

10 seconds in this example. 
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[0033] The invention as described and illustrated can be implemented either in mainly 

software terms or in mainly hardware terms, depending on the requirements of the user. For 

example, one or more embodiments of the invention may be implemented in software (stored 

or provided by a machine readable medium) which is executed on a general purpose 

computer (e.g. a G5 Power Mac from Apple Computer of Cupertino, California) or other 

types of data processing systems (e.g. a special purpose music synthesizer, etc.). Examples 

of data processing systems are described and shown in U.S. Patent No. 6,222,549 which is 

hereby incorporated herein by reference. 

[0034] In addition, although it has been assumed that there will be two audio channels, 

more than two may exist in the audio setup in which the synthesizer according to the 

invention is to be employed. In this case there will be a noise generator, density generator, 

phase correlation section, filter section and amplitude generator section for each channel and 

a decorrelation matrix 48 for each of the two pairs of channels. This will preferably take the 

form of a first matrix for the low-pass filters of the front left and front right channels and a 

second matrix for the low-pass filters of the rear left and rear right channels. 

[0035] Furthermore, it is possible to exchange the positions of the time-variant filter 38 

and time-variant amplifier 40 sections (see Figure 3) so that the filter section 38 is 

downstream of the amplifier section 40. 

[0036] Although in Figure 4 the density generators 322-la and 322-lb have been shown 

as different devices, in practice they may take the form of a single, common density generator 

supplying identical spikes to the two pseudo-random number generators. Indeed, it is also 

possible to arrange for this common density generator to supply the same output for the noise 

generators of not just the first channel, but of the other channel as well. However, while this 

is feasible, it is much preferred to employ different density generators in each case in order to 

create the illusion of lateral reflection during the early reverberation phase. With a single 

common density generator this property would be lost. Hence ideally each density generator 
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will have its own pseudo-random number generator with associated unique seed to ensure the 

creation of uncorrelated spikes. 

[0037] In sunmiary, the above described embodiments of the present invention are based 

on the known real-time convolution method of generating artificial reverberation, but with 

the fixed impulse-response files containing sample information relating to known acoustic 

spaces replaced by a specialized impulse-response synthesizer comprising a noise 

synthesizer. The user synthesizes a desired impulse response by supplying appropriate inputs 

relating to parameters to be varied (e.g. reverberation time, density and damping). This 

combination of an impulse-response synthesizer and a real-time convolution engine provides 

the flexibility of an algorithm-based reverberation scheme, but with the much better quality 

associated with the use of the real-time convolution engine. In addition, considerable storage 

space is saved by dispensing with the numerous impulse-response files associated with the 

known convolution-based method. A method, in the above described embodiments, for 

generating artificial reverberation includes synthesizing noise to generate impulse response 

information for use in a convolution, and performing a convolution based on said impulse 

response information to generate artificial reverberation. In this method, the synthesizing 

noise comprises generating pseudo-random numbers and the method also includes filtering 

noise from said synthesizing and generating a signal envelope from filtered noise. Also in 

this method, the convolution comprises receiving an input data representing a sound and 

receiving said impulse response information and generating a plurality of multiplication 

results weighted from said impulse response information and said input data and summing 

said plurality of multiplication results. 


